A visually-guided hearing aid (VGHA) has recently been developed which uses an eye tracker to steer the "acoustic look direction" (ALD) of a microphone array. The current study evaluates the performance of this highly directional microphone array in providing spatial release from masking (SRM) under acoustically dry and reverberant conditions. Four normal-hearing subjects participated in a speech intelligibility test with colocated and spatially separated speech maskers when listening either through the microphone array or through KEMAR to simulate "natural" binaural conditions. The results indicated that the prototype microphone array provided performance on par with or better than the KEMAR listening condition for both tested environments. In particular, for colocated maskers in the tested reverberant condition, the array attenuated enough the off-target direction energy to provide a significantly better performance than with the KEMAR listening. The SRM was similar or slightly larger than the intelligibility-weighted signal-to-noise ratio improvement provided by the array. The conclusion is that the microphone array provides substantial source selection benefits in some reverberant conditions.
INTRODUCTION
Listeners with sensorineural hearing loss typically experience great difficulty selectively attending to one talker in the presence of competing talkers (i.e., reduced intelligibility and greater listening effort; cf. Noble and Gatehouse, 2006; Marrone et al., 2008; Best et al., 2012) . This difficulty is exacerbated in highly reverberant sound fields where acoustic reflections superimpose on the direct sound to diminish interaural cues to source location. One proposed solution to this problem is accomplished by the use of microphone arrays, which selectively amplify the incoming sound from a target direction while attenuating sounds emanating from other directions. Sources arriving from the target direction may be enhanced either by adaptive processing that uses statistical criteria to attenuate offtarget sound interference or fixed processing that is designed to optimize sound from one specific direction. Adaptive processing compensates for different sound fields by making real-time adjustments while fixed processing is based on a general directional measure such as the Directivity Index and usually provides a lesser, but constant, degree of attenuation of interfering sounds in any acoustic environment (Greenberg et al., 2003; Stadler and Rabinowitz, 1993) .
Adaptive processing is generally more susceptible to reverberation when attenuating off-target sound interference: the degree of attenuation is reduced and it is possible that the target will be inadvertently attenuated along with the interference. In contrast, the fixed processing -also referred to as beamformer -can provide a more robust benefit in reverberant conditions. Not only does the directional reception pattern of the array remain unchanged, but the processing also reduces the diffuse reverberant energy (compared to an omnidirectional microphone), since most of the diffuse energy arrives from the off target direction. This leads to an improved directto-reverberant ratio, which positively affects speech intelligibility. However, the extent to which these interferenceand reverberation-reduction benefits are realized depends on a variety of factors including the spatial selectivity of the array. The number and position of the microphones (among other factors) determines this spatial. Hearing aid microphone arrays, consisting typically of 2 or 3 microphones positioned on behind-the-ear shells, provide a relatively low spatial selectivity. Head-sized beamformer arrays, albeit more cumbersome to wear, have been shown to provide much better selectivity and up to about 11 dB signal-to-noise ratio improvement (compared to an omnidirectional microphone) for fixed-processing (Stadler and Rabinowitz, 1993) .
There are a variety of ways that the target direction can be chosen. Because most of the work on hearing instruments have used arrays that are affixed to the head -either using receivers mounted behind the ears or a "broadside" array mounted on an eyeglasses frame (e.g., Greenburg et al., 2003) -the target direction (referred to as the "acoustic look direction" or ALD) is the same as the direction the listener is facing. To re-orient the ALD requires turning the head, which is relatively slow. One solution to determine and redirect the ALD rapidly and effortlessly has been proposed by Kidd et al. (2013) . The prototype device they developed employs an eye tracker to determine where gaze is focused and uses that information to steer the ALD of a head-mounted microphone array. This "visually-guided hearing aid" (VGHA) consists of two main functional components: the microphone array that implements beam-forming amplification and the eye-gaze based ALD control system. The present article concerns the performance of the beam-forming microphone array used in the prototype VGHA described by Kidd et al. (2013) . Beamformers provide their best spatial directivity in anechoic conditions and their selectivity drops with the amount of reverberation in the surrounding acoustical environment. This study aims at evaluating the improvement in intelligibility that the highly directional headband-mounted prototype array used in the VGHA can provide in a multi-talker reverberant environment. The goal here is to determine how well the microphone array performs under conditions of minimal reverberation (acoustically "dry" sound field) and higher reverberation that is sufficient to interfere with the selection of one speech source among competing speech sources. First, the physical performance of the prototype array was evaluated in two different acoustic conditions. Next, a speech-on-speech masking experiment was conducted to compare the intelligibility performance of this array in the two considered acoustic environments.
ACOUSTIC MEASURMENTS

Test Facilities
The measurements and listening test described in this paper took place in the "Sound Field Laboratory" (SFL), which includes a large custom-configured singled-walled IAC booth. The room, described in detail in Kidd et al. (2005) , was designed to support various sound absorption materials on all of the surfaces: floor, walls and ceiling.
Two acoustic environments were considered in this study: (i) the dry "BARE" condition consisted of the SFL booth with bare surfaces and (ii) the reverberant "PLEX" environment in which the SFL booth was configured with plexiglass panels covering all surfaces. The wideband reverberation time was T30 = 0.07s and T30 = 0.40s for BARE and PLEX conditions, respectively. Figure 1 shows the reverberation time T30 measured according to ISO 3382:1997 for octave bands 250 to 8000Hz. 
Microphone Array
The microphone array used in this study was custom-designed by Sensimetrics Corporation (Malden, MA). It consists of eight cardioid microphones distributed along the 21.3 cm span of a headband supporting circumaural sound-attenuating earphones. The microphones are arranged in two rows of four microphones each with a left-toright inter-microphone spacing of 7.1 cm and a front-to-back inter-row spacing of 3 cm. All cardioid microphones are oriented so that the cardioid reception patterns point toward the front of the listener's head. Multiple sets of array gains were derived to yield spatial reception patterns intended to enhance sound incoming from several target directions (i.e., to yield ALDs) (Stadler and Rabinowitz, 1993) . The following study concerns the set of array gains designed to provide a straight-ahead ALD at 0º azimuth and 0º elevation.
Beamformer Performance
The directionality of the microphone array was measured in both BARE and PLEX conditions. The microphone array was positioned on the head of a KEMAR manikin placed in the SFL booth. Impulse responses were measured at the output of the microphone array from a loudspeaker located at 1.5 m and at azimuths ranging from -90º to 90º relative to the front direction of KEMAR (and 0° elevation equals ear level). Figure 2 shows the spectrum levels of the output of the microphone array for a source at -45°, -30°, -15° and 0° azimuth for both BARE and PLEX acoustic environments. For both acoustical environments, sources were gradually attenuated as their distance from the target direction (0°) increased. The output spectrum shape changed significantly with source azimuths and in general the output appeared low-pass filtered for off target sources. For frequencies above 3-4 kHz, the output attenuation was similar for all three off-target directions.
The directionality of the microphone array is defined here as the signal-to-noise ratio (SNR) improvement provided by the microphone array, i.e., the spectrum level attenuation provided by the microphone array with reference to a source from the target direction for varying source azimuths. In order to provide a relevant broadband metric, the level attenuations in third octave bands from 160 to 8000 Hz were weighted and averaged to obtain the intelligibility-weighted SNR (SNR IW ; similarly to Stadler and Rabinowitz, 1993) . The weights were the standard band importance function from the speech intelligibility index standard (ANSI S3.5-1997) . Figure 3 shows the intelligibility-weighted directionality of the microphone for both acoustical conditions. In addition, in order to estimate the performance of the array in anechoic environment, the impulse response measured in the BARE conditions were windowed to retain the 1.5 ms part after the direct sound and the directionality was computed (noted 'Anechoic' in Fig. 3 ). As expected the spatial selectivity was reduced with the addition of reverberation: at -30° azimuth, the SNR IW was about 12, 10 and 6 dB for the anechoic, BARE and PLEX conditions respectively. The reduced attenuation in the PLEX condition for the off target sources affected all frequencies similarly as seen in Fig. 2 , right panel. In reverberant spaces for sources at a distance of 1.5 m, the late reflections typically account for a significant part of the total level. This late reverberant energy typically is diffuse and therefore its contribution at the output of the beamformer is independent of the source location. Therefore, the increase in the amount of reverberation decreases the directionality of the array. It should be noted that the array directionality for the anechoic and BARE conditions was slightly asymmetric: sources from negative azimuths were attenuated more than the ones from positive azimuths. This was likely due to experimental error such as positioning inaccuracies of the microphones or of the array relative to the loudspeakers.
LISTENING TEST Methods
Four normal hearing subjects ages 19-21 years participated in a speech-on-speech masking experiment. For this listening test, a KEMAR manikin was placed in the above-mentioned single-walled "Sound Field Booth" with either BARE or PLEX-covered surfaces. Seven loudspeakers were arranged along a semicircle at 0º, ±15º, ±30º and ±45º with respect to the forward-looking direction of KEMAR and at a distance of 1.5 m. For "MicArray" listening, the headband array was placed on the head of KEMAR and its output signal was played diotically through circumaural headphones to the subject seated in an adjacent doubled-wall listening booth. This two-booth setup ensured that the subjects heard only the array-processed output signal uncorrupted by direct-path loudspeaker leakage through the headphones that would have been present had the subject been positioned in the actual sound field. For "KEMAR" listening, the headband array was removed from KEMAR and the signals received at KEMAR's eardrum microphones were routed to the presentation headphones worn by the listener. In the latter condition, the diffuse-field inverse (DFI) filter was used. The frequency response of the circumaural headphone to the entrance of the ear canal was compensated by means of a real-time finite impulse response (FIR) inverse filter.
The task was to identify the words spoken by a target talker in the presence of two simultaneous (different) talkers uttering similar sentences (e.g., Marrone et al., 2008) . The target and speech maskers were from a closed-set laboratory-designed corpus ("BU corpus"; Kidd et al., 2008 ) that consists of 5-word strings having the form <name> <verb> <number> <adjective> <object>. On every trial the words were randomly selected from eight exemplars in each category; for example: "Sue found three red shoes." The target talker was identified by the name "Sue" with scoring based on correctly identifying the next four words in the sentence. The two masker talkers uttered sentences comprising mutually exclusive selections from each category. The target was presented from 0°. The maskers were either colocated with the target or were spatially separated by ±15º, ±30º or ±45º. For both KEMAR and MicArray conditions, each masker was played at a nominal level of 61.5 dBA SPL when presented from the front loudspeaker in the BARE condition and measured from the circumaural headphone with an artificial ear. In the PLEX condition, the masker signals were fed to the loudspeakers at the same input level producing a level of 66.5 dBA measured at the presenting headphones for the KEMAR condition and 62.6 dBA for the MicArray condition. Three repetitions of each of 10 TMRs ranging from -30 dB to +15 dB were tested in randomized order in one block for each masker condition, each room condition and each system condition. Performance was measured for 8 repetitions of each block for each condition. Subjects performed the task in 8 sessions of 2 hours each.
Results
The results for the two first sessions were discarded as training. Figure 4 shows the proportion correct words averaged across subjects for each TMR. Each point corresponds to the average of 72 words for each of the 4 subjects (4 words per sentence x 3 x 6 repetitions). In most conditions, the proportion correct word identification increased with TMRs following an orderly psychometric function shape. In other conditions, a plateau or inflection in the curve was observed. In order to characterize the performance of each subject, logistic functions were fit for each subject and condition with the following free parameters: midpoint, slope and lapse. The latter term was used to allow for a maximum value less than 1. Thresholds were defined as the TMRs at 50% correct performance on the fitted functions. The conditions where a plateau was observed were also fitted in the same manner for convenience and as expected led to poorer fits. The group mean thresholds for the 4 subjects are shown in Fig. 5 for all conditions. Error bars represent the standard errors across subjects. KEMAR − BARE KEMAR − PLEX MicArray − BARE MicArray − PLEX FIGURE 5. Group mean thresholds for all conditions. Markers show the means across subjects for TMRs at 50% correct performance from the individually-fitted psychometric curves. Error bars represent the standard errors across subjects.
In general and as expected, spatially separating the maskers from the target led to lower group mean thresholds and the addition of reverberation increased the threshold. A repeated measures analysis of variance (ANOVA) using within subject factors of room (BARE versus PLEX), listening condition (KEMAR versus MicArray), and spatial condition (Colocated, ±15°, ±30°, ±45°) revealed significant main effects of room (F(1,3) = 70.7, p = .004) and spatial condition (F(3,9) = 27.4, p<.001). In addition, the three way interaction was significant (F(3,9) = 7.1, p = .01). Post hoc pairwise comparisons using Bonferroni corrections for spatial condition showed that the colocated case was significantly different from all separation angles and none of the angles were different from each other. The mean differences between colocated and ±15°, ±30°, ±45° of separation were 6.2, 9.3 and 9.2 dB yielding p values of 0.023, 0.022 and 0.047 respectively. The PLEX environment showed similar mean thresholds for MicArray and KEMAR conditions for the spatially separated maskers. However, in the colocated condition, subjects performed significantly better with the array than with KEMAR, by about 4 dB, unlike for the BARE condition. This could be explained by the greater direct-to-reverberant ratio provided by the microphone array.
DISCUSSION
Psychometric Function Characteristics
For both KEMAR conditions, proportion correct scores plotted against TMR followed a psychometric functionlike shape for spatially separated conditions, whereas curves for the colocated conditions showed a clear plateau for the BARE condition and an inflection for the PLEX condition. Brungart et al. (2001) also observed a similar phenomenon in some speech masking conditions. For colocated conditions, listeners could only identify the target talker by its voice, the one that started with the name "Sue", or by its level, when different from the two maskers. Because the level cue is more salient for TMRs above and below 0 dB than around 0dB, this could explain why the plateau or inflection occurs around these TMRs. It is possible that the subjects could have detected a relatively low level target compared to the masker level, especially considering that the two maskers may provide some unmasked time-frequency units or "glimpses." As reverberation increases the opportunity to "listening in the dips" would diminish and that could explain the less clearly defined plateaus in the PLEX conditions. This plateau can also be clearly seen for the MicArray for the colocated conditions and also ±15° for both BARE and PLEX conditions and to a lesser extent for the ±30° and ±45° separation angles for BARE conditions. Unlike KEMAR, the microphone array does not process incoming sources differently except for their level and frequency response. This means that the previously proposed level cue argument could also explain the plateau for the separated masker conditions. In the BARE condition, Fig. 2a shows an increasingly pronounced low pass effect as the separation angle increased. This could have also provided a cue to differentiate the target from the masker talkers and would therefore explain why the plateau is less and less visible as the maskers are further and further separated. In the PLEX conditions, in contrast to the KEMAR condition, the plateau can be clearly observed for colocated and ±15°. As mentioned above the array typically reduces the reverberation and therefore the level cue could have been sufficiently salient.
Spatial Release From Masking
The resulting release from masking due to spatial separation in the MicArray conditions was compared with the attenuation provided by the directionality of the microphone array. Figure 6 shows the group mean spatial release from masking (SRM) which is the difference between the thresholds for colocated and separated maskers (bars) together with the SNR IW improvement (circles) due to the microphone array averaged for the two masker positions (black squares in Fig. 3 ). As expected by the lesser directionality in the PLEX than in the BARE environment (Fig. 3) , spatial release from masking was larger in the BARE than in the PLEX condition for all masker separation angles. For BARE conditions, mean SRMs were larger than the SNR IW for the ±15° and ±30° conditions and slightly larger for the ±45° conditions. In contrast, for PLEX conditions, group mean SRMs closely matched the measured SNR IW improvement of the array. The SNR IW improvement accurately predicted the release from speech masking due to spatial separation in this reverberant space.
CONCLUSIONS
This study evaluated the prototype microphone array used in the VGHA in two different acoustical environments. The physical measurements and the experiment provided evidence for the following points:
• The prototype microphone array provided performance on par or better than the KEMAR listening condition representing natural hearing for both the dry and the mildly reverberant acoustical environments. • In the reverberant environment and for colocated maskers, the microphone array attenuated enough of the off-target direction energy to provide significantly better performance than with KEMAR listening. • In the reverberant environment, the spatial release from masking matched the measured intelligibility weighted SNR improvement provided by the directionality of the array. As the PLEX case is only one example, the array should be tested in different rooms, with greater amount of reverberation and different reverberant patterns. Further work is required to extend these observations about the benefits of the microphone array to listeners with actual hearing losses.
